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AMENDMENTS TO THE CLAIMS 

This listing of claims will replace all prior versions, and listings, ufdaims in the 
application; 

LISTING OF CLAIMS 

1 , (Currently Amended) In a comninnications system for transmitting digital 
signals using a oompregsion code compriising a prodptonnined plurality of param e ters 
including a firet param e t e r^ fiaid p arom c t e rs r e pr e s e nting an audio s ignal oompriging a 
plurality of audio chamot e ristios including<i finrt ohoraoteristiCi said first param e ter being 
r e lated to said first ohai act e ristio, gaid oompreosion code being dooodabl e by a plurality o f 
d e coding ateps including a firot deooding gtop for doooding said paramotora rolatod to naid 
first characteristic , apparatus for adjusting die first characteristic comprising: 

a transmi ^«r iranigmi tting digital sipialii usin g a compression code comprising 
a predeter mined plurahtv of parameters includin p; a first parameter, 

wherein said parameters represent an audiQ signal comp rising a plurality of 
^ydio characteristics including a first charactmstic. 

wherein said first parameter is related to said first characteristic, 

wherein said compression code is decodable hv a plurality of decoding stCQg 
including a first decoding step for decoding said parameters related to said firet 
characteristic: and 
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a processor responsive to said digital signals to read at least said first parameter 
and to generate at least a first parameter value derived froj-n said first parameter, responsive 
to said digital signals and said first parameter value to genCTate an adjusted first parameter 
value ixsprcscnting an adjustment of said first characteristic, and responsive to said adjusted 
first parameter value to derive an adjusted first parameter and to replace said first parameter 
with said adjusted first parameter* 

wherein said digital signals are adapted to originate at a first handset and be 
received at a second handset and said processor is located away fiom said first handset an d 
said second handset 

2. (Original) Apparatus, as claimed in claim 1 , wherein said first characteristic 
comprises a level of said audio signal. 

3 . (Original) Apparatus, asi claimed in claim 1 , wherein said plurality of decoding 
steps further comprise at least one decoding step avoiding substantial altering of the first 
characteristic and wherein said processor avoids perfonnmg said at least one decoding step. 

4. (Original) Apparatus, as daimed in claim 3, wherein said at least one 
decoding step comprises post-filtering. 
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5. (Original) Apparatus, as claimed in claim 1 , wherein said compression code 
comprises a linear predictive code* 

6. (Original) Apparatus, as claimed in claim 1 , wherein said compression code 
comprises regular pulse excitation - long term prediction code. 

7. (Original) Apparatus, as claimed in claim 6, wherein said digital signals are 
transmitted in frames comprising subframes and wherein said first parameta- comprises a 
maximum absolute value of the elements in a codebook vector for one of said subframes. 

8. (Original) Apparatus, as claimed in claim 1 , wherein said compression code 
comprises algebraic code-exdted linear prediction code. 

9. (Currently Amended) Apparatus, as clahned in dairo 8, wherein said digital 
signals are transmitted in fimnes comprising subframes, wherein said first panuneier 
comprises a gain correction factor for oneeffsad subfi^mes, 

1 0. (Original) Apparatus, as claimed in claim 1 , wherein said digital signals 
comprise a near md digital signal using a near end compression code comprising a 
predetcnnincd plurality of near end parameters including a first near end parameter, said 

near end parameters representing a near end audio signal comprising a pluniJity of near end 
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audio characteristics including a near end first characteristic, said near end first parameter 
being related to said near end first characteristic, said near end compression code being 
decodable by a plurality of decoding steps including a first decoding step for decoding said 
near end parameters related to said near end first characteristic, said digital signals fuither 
comprising a fiir end digital signal using a far end compression code comprising a 
predetermined plurality of far end parameters, said far end parameters representing a far end 
audio signal comprising a plurality of far end audio characteristics including a far end first 
characteristic, said far end compression code being decodable by a plurality of decoding 
steps including a first decoding step for decoding said far end parameters related to said far 
end tirst characteristic, 

wherein said processor receives said near end digital signal and said far end 
digital signal, 

wherein said processor is responsive to said near end digital signal to read ai 
least said near end first parameter and to generate a near end first param^er value derived 
from said near end first parameter^ 

wherein said processor is responsive to said near end digital signal to perform 
at least said first decoding step to generate near end decoded signals related to said near end 
first characteristic of said near end audio signal, 

wherein said processor is responsive to said far end distal signal to perform at 
least said finsl decoding step to generate far end decoded signals related to said far end first 

characteristic of said far end audio signal, 
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wherein said processor is responsive to said near end decoded signals^ said far 
end decoded signals and said near end first parameter value to generate an adjusted near end 
first parameter value representing an adjustment of said near end first characteristic, 

wherein said processor derives an adjusted near end tirst parameter tiom said 
adjusted near end first parameter value, and 

wherein said processor replaces said near end first parameter with said 
adjusted near end first parameter. 

1 1 . (Original) Apparatus, as claimed in claim 1 , wherein said processor tests 
said adjusted first parameter value for an overflow and underflow condition before 
deriving said adjusted first parameter. 

12. (Original) Apparatus, as claimed in claim 1 1 , wh^ein said first parameter is a 
quant i7ed firsrt parameter and wherein said processor derives said adjusted first parameter by 
qudnti?.ing said adjusted first parameter value. 

1 3. (Original) Apparatus, as claimed in claim 12, wherein said processor uses 
differential scalar quantization during said quantizing. 
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1 4. (Currently Amended) Ai^aratus, as claitned in claim 1 3, wherein said 
pu>ce$sor uses differential scalar quantization with a quantizer outside a feedback loop 
during said quantizing. 

1 5. (Original) Apparatus^ as claimed in claim 1 , wherein said first parameter 
comprises a series of first parameters received over time, wherein said processor is 
responsive to said digital signals to read said series of first parameters and to generate a 
series of first parameter values over time, and wherein said processor is responsive to said 
decoded signals and to at least a plurality of said series of first parameter values to generate 
said adjusted first parameter value. 

1 6. (Original) Apparatus, as claimed in claim 1 5, wherein said first parameter is a 
quantized first parameter and whraein said processor derives said adjusted first parameter by 
quantizing said adjusted first parameter value. 

17. (Original) Apparatus, as claimed in claim 1 6, wherein said processor uses 
differential scalar quantization during said quantizing. 

1 8. (Original) Apparatus, as claimed in claim 1 , wherein said first parametw is a 
quantized first paramcler and wherein said processor derives said adjusted first parameter by 
quantifying said adjusted first parameter value* 
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1 9. (Original) Apparatus, as claimed in claim 1 8, wherein said processor uses 
differential scalar quantization during said quantizing* 

20. (Original) Apparatus, as claimed in claim 1 8, wherein said processor performs 
said qaanti?:ing vising instantaneous scalar quantization technique. 

2 1 . (Original) Apparatus, as claimed in claim 1 , wherein said compression code is 
arranged in frames of said digital signals and wherein said frames comprise a plurality of 
subframes each comprising said first parameter, wherein said processor is responsive to said 
digital signals lo read at least said first parameter fiom each of said plurality of subframes, 
and wherein said processor replaces said first parameter widi said adjusted first parameter in 
each of said plurality of subframes. 

22. (Original) Apparatus, as claimed in claim 2 1 , wherein said processor replaces 
said first parameter with said adjusted first parameter for a first subframe before processing 
a subframe following the fu-st subfi^dme to achieve lower delay. 

23 . (Original) Apparatus, as claimed in claim 1 , wherdn said compression code is 
arriuiged in frames of said digital signals and wherein said frames compiisc a plurality of 
subframes each comprising said first parameter, wherein said processor performs at least 
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said first decoding step during a first of said subframes to generate said decoded signals^ 
reads said first parameter from a second of said subfiramcs occurring subsequent to said first 
subframe to generate said first parameter value» generates said adjusted first parameter value 
in rasponsc to said decoded signals and said first paramtster value, and replaces said first 
parameter of said second subframe with &aid adjusted first parameter. 

24. (Original) Apparatus^ as claimed in claim 1, wherein said processor performs 
at least said first decoding step to generate decoded signals related to said first characteristic 
of said audio signal and wherein said processor is responsive to said decoded signals and 
said first parameter value to generate said adjusted first p«irameter value. 

25, (Cuixently Amended) in a communications system for tronfimitting digital 
signals comprising cod e aomploo, aoid ood e oompl e s comprising first bita using a 
compr e firiion code and second bits using o lin e or code, ooid oodo oompl e s r e pr e s e nting an 
audio signal^ said audio s igna^ having Q plurality of audio chamotBristios including a finjt 
oharaotorigtiCr apparatus for adjusting the first ohaniCt e ristiG without decoding f Uiid 
compression codo comprising: 

a first transmitter transmitting digital signa l s comprising code samples, 
wherein said code samples comprise first bits using a compression code and 
second bits usint£ a linear code, 

wherein said code samples represent a first audio signal. 
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wherein said first audio signal has a plurality of aiidio characteristics including 
a first characteristic: 

a second trqn$mjttgr 4igitri mm^\^ opynprising qode samples, 

wherein said code samples comprise third bits using a compression code and 
fourth bite using a linear code, 

wherein said code samples represent a second audio signal. 

wherein said second audio signal has a plurality of audio characteristics 
including a second characteristic 

wherein said second audio signal is fiiom a source other than the souro c of said 
first audio signal: and 

a processor responsive to said second bits and at least one of said th ird h\t<t and 
said fourth bits t o adjust said first bits and said second bits, whereby said first chiffacteristic 
is adjusted. 

wherem said processor adjusts said first ch a racteristic without de coding said 
compression code, 

26. (Original) Apparatus, as claimed in claim 25, wherein said linear code 
comprises pulse code modulation (PCM) code* 

27. (Original) Apparatus, as claimed in claim 25, wherein said first chiiracicristic 
comprises audio level. 
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28. (Original) Apparatus, a$ ctaimed in claim 25, wherein said compression code 
samples conform to the tandem-free operation of the global system for mobile 
communications standard. 

29. (Original) Apparatus, as claimed in claim 25, wherein said first bits comprise 
the two least significant bits of said samples and wherein said second bits comprise the 6 
most significant bhs of said samples. 

30. (Original) Apparatus, as claimed in claim 29, wherein said 6 most significant 
bits comprise PCM code, 

3 1 . (Currently Amended) In a communications system for transmitting digital 
signals using a compression code comt^rising a predrtennined plurality of parameters 
including a first parameier, said parameters representing an audio signal comprising a 
plurality of audio characteristics including a first characteristic* said first parameter being 
related to said first characteristic, said conapression code being decodable by a plurality of 
decoding steps including a first decoding step for decoding said parameters related to said 
first characteristic^ a method of adjusting the first characteristic comprising: 

reading at least said first parameter in response to said digital signals; 

generating at least a first parameter value derived fi'om said first parameter; 
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performing at least said first decoding step to generate decoded signals related 
to said first characteristic of said audio signal in re^nse to said digital sigtials; 

generating an adjusted first parameter value representing an adjustment of said 
first characteristic in response to said digital signals and said first parameter value; 

deriving an adjusted first parameter in response to said adjusted first parameter 

value; and 

replacing said first parameter with said adjusted first parameter^ 

wherein said digital signals are adapted to ofiginatc at a first handset and be 

received at a second hmidsct and said repiacin& takes place away fi-om said first handset and 

said second handset 

32. (Original) A method, as claimed in claim 3 1 , wherein said first charact«istic 
comprises a level of said audio signal 

33. (Original) A method, as claimed in claim 3 1, wherein said plurality of 
decoding steps further comprise at least one decoding step avoiding substantial altering of 
the first characteristic and wherein said method avoids performing said at least one decoding 
step. 

34. (Original) A method, as claimed in claim 33, wherein said at least one 
decoding step comprises post-filtering. 
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35. (Original) A method, as claimed in claim 3 1, wherein said compression code 
comprises a linear predictive code. 

36. (Original) A method, as claimed in claim 31, wherein said compression code 
comprises regular pulse excitation - long tenm prediction code. 

3 7. (Original) A method, as claimed in claim 36, wherein said digital signals are 
transmitted in frames comprising subfiames and wherein said first parameter comprises a 
maximum absolute value of the elements in a codebook vector for one of said subframcs. 

38. (Original) A method, as claimed in claim 31, wherein said compression code 
comprises code-excited linear prediction code. 

3<j. (Original) A method, as claimed in claim 38, wherein said digital signals are 
, transmitted in frames comprising subframcs, wherein said first parameter comprises a gain 
correction fuetor, 

40. (Original) A method, as claimed in claim 3 1 , wherein said digital signals 
comprise a near end digital signal using a near end compression code comprising a 

prcdelemiined pluraUt)' of near end parameters including a first near end parameter, said 
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near end parameters representing a near end audio signal comprising a plurality of near end 
audio characteristics including a near end first characteristic, said near end first parameter 
being related to said near end first characteristic, said near end compression code being 
decodable by a plurality of decoding steps including a first decoding step for decoding said 
near end parameters related to said near end first characteristic^ said digital signals further 
comprising a far end digital signal using a far end compression code comprising a 
predeiennined plurality of far end parameters, said far end parameters representing a far end 
audio signal comprising a plurality of far end audio characteristics including a far end first 
characteristic, said &r end compression code being deccKiable by a plxirality of decoding 
steps including a first decoding step for decoding said fsm end parameters related to said far 
end first characteristic, 

wherein said receiving said digital signals comprises receiving said near end 
digital signal and said far end digital signal, 

wherein said reading comprises reading at least said near end first parameter; 

wherein said generating a first parameter comprises generating a near end first 
parameter value derived fit>m said near end first parameter, 

wherein said performing at least said first decoding steps comprises generating 
near end decoded signals related to said near end fiist characteristic of said near end audio 
signal in response to said near end digital signal and generating far end decoded signals 
related to said far end first characteristic of said far end audio signal in response to said fiar 
end digital signal. 
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wherein Sciid generating an adjusted first panuneter value comprises generating 
an adjusted near end first parameter value representing an adjustment of said near end first 
characteristic in response to said near end decoded signals, said far end decoded signals and 
said near end first parameter va] ue, 

wherein said deriving an adjusted first pardmeter comprises deriving an 
adjusted near end first parameter fixwn said adjusted near end first parameter value, and 

wherein said replacing comprises replacing said first parameter with said 
adjusted first parameter. 

4 1 . (Original) A method, as claimed in claim 3 1 , and fiuthcr comprising testing 
said adjusted first parameter value for an overflow and underflow condition before deriving 
said adjusted first parameter. 

42. (Original) A method, as daimed in claim 41, wherein said first parameter is a 
quantized first parameter and wherein said deriving an adjusted first parameter comprises 
quantizing said adjusted first parameter value. 

43. (Original) A method, as claimed in claim 42, and fijrther comprising using 
differential scalar quantization during said quantizing. 
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44. (Currently Amended) A method, as claimed in claim 43, wherein said using 

differential scalar quantization conqjrises using a quantizer outside a^feedback loop during 

said quantizing. 

45- (Original) A method, as claimed in claim 3 1 , whetiein said first parameter 
comprises a series of first parameters received over time, wherein said reading at least said 
first parameter compri:scs reading said series of first parameters, wherein said generating a 
first parameter value comprises generating a series of fii'st parameter values over time, and 
wherein said generating an adjusted first parameter value comprises generating said adjusted 
first parameter value in response to said decoded signals and to at lea.st a plurality of said 
series of first parameter values. 

46. (Original) A method, as claimed in claim 45, wherein said first parameter is a 
quantized first parameter and wh^iein said doiving an adjusted first param^er comprises 
quantizing said adjusted first parameter value. 

47. (Original) A method, as claimed in claim 46, and fijrther comprising using 
differential scalar quantization during said quantizing. 
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48. (Original) A metho4 as claimed in claim 3 1 , wherein said first parameter is a 
quaniixed first parameter and wherein said deriving an adjusted first parameter comprises 
quanti;dng said adjusted first parameter value. 

49. (Original) A method, as claimed in claim 48» and fiuiher comprising using 
diflferential scalar quantization during said quantizing. 

50. (OrigLnal) A method, as claimed in claim 48, wherein said quantizing 
comprises using instantaneous scalar quantization techniques. 

5 1 . (Original) A method, as claimed in claim 3 1 , wherein said compression code 
is arranged in fiames of said digital signals and wherein said frames comprise a plurality of 
subframes each comprising said first parameter, wherein said reading at least said first 
parameter comprises reading at least said first parameter &om each of said plurality of 
subframes, and wherein said replacing comprises replacing said first parameter with said 
adjusted first parameter in each of said plurality of subfiwnes. 

52. (Original) A method, as claimed in claim 5 1 , wherein said replacing comprises 
replacing said first parameter with said adjusted first parameter for a first subfiame before 
processing a subframe following the firil suhframc to achieve lower delay. 
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53. (Original ) A method, as claimed in claim 31, wherein said compression code 
is arranged in frames of said digital signals and wherein said frames comprise a plurality of 
subframes each comprising said first parameter, wherein said performing at least said first 
decoding step comprises performing at least said first decoding step during a first of said 
sub frames to generate said decoded signals, wherein said reading at least said first parameter 
comprises reading at least said first parameter fix)m a second of said subfirames occurring 
subsequent to said first subframc, wherein said generating a first parameter value comprises 
generating a first parameter value fixmi said first parametor from said second of said 
subframes, wherein said generating an adjusted first parameter value comprises generating 
said adjusted first parameter value in response to said decoded signals and said first 
parameter value, and wherein said replacing comprises replacing said first parameter of said 
second subtrame with said adjusted first parameter. 

54. (Original) A method, as daimed in claim !^ 1 , wherein said generating an 
adjusted first parameter comprises performing at least said first decoding step to generate 
decoded signals related to said first diaracteristic of said audio signal in response to said 
compression code and wherein said generating an adjusted first parameter is responsive to 
said decoded signals and said first parameter value. 

55. (Currently Amended) In a communications system for trongmitting digital 
s ignals comprising cod e sampl es , s aid coda sampl e s compriqing firot hits using a 
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eompr e ssion cod e and s e cond bito using a linear cod e , said oodo s amplos repr ese nting an 
audio signal > said audio signal having a plurality of audi e oharaotoristiog including a first 
charact e ri s lt fl^ a method of adjusting a fflfgial t ho firot oharact e ristic without d e coding said 
compression - oede comprising; 

receiving digital signals comprising code samples, wherein said code samples 
comprise first bits using a compression code and second bits using a linear code. 

wherein said code samples represent a first audio signal. 

wherein said first audio signal has a plurality of audio characteristics including 
a first characteristic; 

receiving digital signals comprising code samples, wherein said code samples 
comprise third bits using a compression code and fourth bits using a linear code. 

wherein said code samples represent a second audio signal. 

wherein said second audio sigpal has aplurahtv of audio characteristics 
including a second characteristic^ 

wherein said second audio signal is from a source other than tfie source of said 
first audio signal; and 

adjusting said first bits and said second bits in response to said second bits and 
at least one of said third bits and said fourth bits, whereby said first characteristic is adjusted 
in order to control the noise characteristic of said digital signals, 

wherein said adjusting takes place without decoding said compression code. 
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56. (Original) A mefliod, as claimed in claim 55, wherein said linear code 
comprises pulse code modulation (PCM) code, 

57. (Original) A method, as claimed in claim 55, wherein said first characteristic 
comprises audio level. 

58. (Original) A method, as claimed in claim 55> wherein said compression code 
samples conform to the tandem-free operation of the global system for mobile 
communications standard. 

59. (Original) A method, as claimed in claim 55, wherein said first bits comprise 
the two least significant bits of said samples and wherein said second bits comprise the 6 
most significant bits of said samples. 

60. (Original) A method, as claimed in claim 59, wherein said 6 most significant 
bits comprise PCM code. 
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